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Description 



PROCESSING CIRCUIT CAPABLE OF 
MODIFYING DIGITAL AUDIO SIGNALS 

Background of Invention 
[0001] 1. Field of the Invention 

[0002] The present invention relates to an audio processing cir- 
cuit, and more particularly, to an audio processing circuit 
capable of modifying digital audio signals that are appro- 
priate for transmitting to other digital audio systems. 

[0003] 2. Description of the Prior Art 

[0004] Fjg i illustrates the format of a stream according to the 
lEC 60958 standard. In the lEC 61937 standard, an inter- 
face format is defined for non-linear pulse-code modula- 
tion (PCM) encoded audio streams using the lEC 60958 
standard. This lEC digital interface standard is also called 
S/PDIF (Sony/Philips Digital Interface). The lEC digital in- 
terface standard can be used for transmitting non-linear 
pulse-code modulation samples, and also can be used for 



transmitting data. Each encoded audio stream includes a 
plurality of S/PDIF frames. Each S/PDIF frame includes S/ 
PDIF subframes such as a data burst section and a stuffing 
section having several stuffing bits. The length of the data 
burst section varies, and the stuffing section keeps the 
length of the S/PDIF frame constant. Each data burst sec- 
tion includes a preamble and a payload section. The 
preamble includes header information Pa, Pb, Pc, and Pd. 
Pa and Pb represent synchronization words of the S/PDIF 
standard. Pc represents the burst information. The pay- 
load section contains the information of a encoded audio 
frame of the encoded audio stream, and has several fields 
such as sync word, header, side information, audio sam- 
ples, ancillary data, etc. 
[0005] Fig. 2 illustrates a block diagram of an audio processing 
circuit 10 of an optical disk drive in the prior art. The au- 
dio processing circuit 10 includes a parser 12, a stream 
buffer 14, an audio processor 16, a second buffer 18, a 
digital to analog converter 20, an lEC burst circuit 22, and 
a digital interface 24. Digital data recorded on the optical 
storage disk 26 is retrieved and preliminarily processed by 
a servo controller (which is not shown in Fig. 2), is then 
sent to the parser 12. The parser 12 parses the digital 



data, and passes the digital audio signals to the stream 
buffer 14 in a form of an audio stream. The audio stream 
includes a plurality of audio frames. The audio processor 
16 decodes the audio frames stored in the stream buffer 
14. The decoded information is then stored in the second 
buffer 18. Finally, the digital to analog converter 20 con- 
verts the decoded information stored in the second buffer 
18 into an analog signal as an output signal of the optical 
disk drive. As the user probably desires using an external 
decoding/amplifying device (ex. the post-stage audio re- 
ceiver 28 illustrated in Fig. 2) for digital audio signal pro- 
cessing rather than using the internal audio processing 
circuit 10 incorporated inside the optical disk drive, the 
audio processing circuit 10 of the optical disk drive gen- 
erally provides not only the above-mentioned decoding 
apparatus for reproducing the analog audio data which is 
digitally recorded on the optical storage disk 26 but also 
an digital interface 24 for connecting the optical disk drive 
to a post-stage audio receiver 28.As mentioned, the digi- 
tal data recorded on the optical storage disk 26 received 
by the parser 12 is sent to the stream buffer 14 in the 
form of the audio stream and stored in the stream buffer 
14. The audio frames of the audio stream stored in the 



stream buffer 14 can be decoded as mentioned or trans- 
ferred into a S/PDIF stream, a stream of lEC 61937/IEC 
60958 standard, and the S/PDIF stream is tlien sent from 
the digital interface 24 to the external post-stage audio 
receiver 28. The lEC burst circuit 22 in Fig. 2 retrieves the 
audio frames stored in the stream buffer 14 and partitions 
the audio frames into payload sections of proper sizes. As 
shown in Fig.l, the corresponding preamble is added in 
front of each payload to form a data burst section, and the 
corresponding stuffing section is then added next to each 
data burst section. The transferred stream complying with 
the S/PDIF standard is then formed and sent to the post- 
stage audio receiver 28 through the digital interface 24. 
[0006] As mentioned above, the audio frames derived from the 
digital data on the optical storage disk 26 is stored in the 
stream buffer 14, and the audio frames stored in the 
stream buffer 14 can be decoded by the audio processor 
16.The decoded information is then stored in the second 
buffer 18, and the digital to analog converter 20 converts 
the decoded information into an analog signal as the out- 
put signal of the optical disk drive. In addition, the optical 
disk drive can be connected to the post-stage audio re- 
ceiver 28 through the digital interface 24, which is an in- 



terface for outputting the transferred signal generated by 
the lEC burst circuit 22 into the post-stage audio receiver 
28. However, in the prior art the lEC burst circuit 22 sim- 
ply transfers the digital audio data of the audio frames 
stored in the bit stream buffer 14 without checking the 
correctness of the digital audio data. If the digital audio 
data extracted from the stream buffer 14 does not com- 
pletely comply with a predetermined digital audio stan- 
dard such as MPEG audio standard, the post-stage audio 
receiver 28 may fail to properly decode the received digi- 
tal data. For example, some MPEG audio bit streams are 
encoded by improper audio signal encoding softwares or 
hardwares, and do not strictly follow the MPEG audio 
standard. In the prior art such audio bit streams would be 
output to the post-stage audio receiver 28 through the 
digital interface 24 without any error-check, and the 
post-stage audio receiver 28 may fail to decode them 
properly and thus unpleasant blast sound may occur. 
[0007] Some technical background information is disclosed in 
several US patents, including USPS, 794, 181, 
USP5,884,048, USP6,122,619, USP6,128,579, and 
USP6,272,153. 
Summary of Invention 



[0008] It is therefore an objective of the present invention to pro- 
vide an apparatus and a method for modifying digital au- 
dio signals to solve the above-mentioned problem. 

[0009] Provided according to one embodiment is an audio pro- 
cessing circuit for receiving a first stream complying with 
a first standard and generating a second stream comply- 
ing with a second standard which is a digital interface 
standard. The first stream includes a plurality of frames. 
Each of the frames includes a plurality of fields. The audio 
processing circuit includes :a stream buffer for storing the 
frames of the first stream;a stream recovering circuit elec- 
trically connected to the stream buffer for detecting at 
least one of the plurality of fields in the frames, modifying 
at least one of the plurality of fields according to the first 
standard, and generating modified frames; a first buffer 
electrically connected to the stream recovering circuit for 
storing the modified frames; and a burst circuit electrically 
connected to the first buffer for partitioning the modified 
frames into a plurality of payload sections, adding a 
preamble to each of the payload sections, and forming the 
second stream. 

[0010] The present invention correspondingly provides an audio 
processing circuit for receiving a first stream complying 



with a first standard and generating a second stream 
complying with a second standard which is a digital inter- 
face standard, the first stream includes a plurality of 
frames, each of the frames includes a plurality of fields, 
the plurality of fields include a sync word field, the audio 
processing circuit includes:a stream buffer for storing the 
frames of the first stream;a stream recovering circuit elec- 
trically connected to the stream buffer for receiving ex- 
pected positions of the sync word fields derived from the 
first stream, locating actual positions of the sync word 
fields by detecting neighborhood positions substantially 
close to the expected positions, modifying the frames ac- 
cording to the actual positions of the sync word fields, 
and generating modified frames;a first buffer electrically 
connected to the stream recovering circuit for storing the 
modified frames;a burst circuit electrically connected to 
the first buffer for partitioning the modified frames into a 
plurality of payload sections, adding a preamble to each 
of the payload sections, and forming the second stream. 
[0011] The present invention correspondingly provides a method 
for transferring a first stream complying with a first stan- 
dard into a second stream complying with a second stan- 
dard which is a digital interface standard. The first stream 



includes a plurality of frames. Each of the frames includes 
a plurality of fields. The method includes the steps of: de- 
tecting at least one of the plurality of fields in the frames, 
modifying at least one of the plurality of fields according 
to the first standard, and generating modified frames; and 
partitioning the modified frames into a plurality of pay- 
load sections, adding a preamble to each of the payload 
sections, and forming the second stream. 
[0012] These and other objectives of the present invention will no 
doubt become obvious to those of ordinary skill in the art 
after reading the following detailed description of the pre- 
ferred embodiment that is illustrated in the various fig- 
ures and drawings. 
Brief Description of Drawings 

[0013] Fig.l is a data format diagram of S/PDIF standard, which 
is the prior art. 

[0014] Fig. 2 is a block diagram of an audio processing circuit for 

an optical disk drive according to the prior art. 
[0015] Fig. 3 is a block diagram of an audio processing circuit for 

an optical disk drive according to one embodiment of the 

present invention. 
[0016] Fig. 4 is a flowchart of detecting and modifying streams 

with the audio processing circuit of Fig. 3. 



[0017] Fig. 5 is a flowchart of changing a field of a stream with 
the audio processing circuit of Fig. 3. 

[0018] Fig. 6 is a flowchart of detecting and modifying errors in at 
least one field of a frame in a stream with the audio pro- 
cessing circuit of Fig. 3. 
Detailed Description 

[0019] Fig. 3 illustrates a block diagram of an audio processing 
circuit 30 of an optical storage device such as an optical 
disk drive according to one embodiment of the present 
invention. To easily compare the embodiment with the 
prior art, some of the elements in Fig. 3 are labeled with 
the same numbers used in Fig. 2. An element in Fig. 3 la- 
beled with a previously used number in Fig. 2 has the 
same functionality as that of the corresponding element in 
Fig. 2. The audio processing circuit 30 includes a parser 
12, a stream buffer 14, an audio processor 32, a second 
buffer 18, a digital to analog converter 20, a first buffer 
38, an lEC burst circuit 22, and a digital interface 24. The 
audio processor 32 includes a decoding circuit 34 and a 
stream recovering circuit 36. That is, both the decoding 
circuit 34 and the stream recovering circuit 36 are inte- 
grated into the audio processor 32. When an optical stor- 
age disk 26 is loaded into the optical disk drive, digital 



data previously recorded on the optical storage disk 26 is 
read and preliminarily processed by a servo controller 
(which is not shown in Fig. 3). The digital data preliminarily 
processed is parsed by the parser 12 and then the audio 
part of the digital data is outputted in the form of a first 
stream complying with a first standard (for example, 
MPEG audio standard) and stored in the stream buffer 14. 
The first stream includes a plurality of audio frames. Each 
of the audio frames includes a plurality of fields. The de- 
coding circuit 34 of the audio processor 32 decodes the 
audio frames of the first stream stored in the stream 
buffer 14, generates a PCM (pulse-code modulation) en- 
coded stream and stores the PCM encoded stream in the 
second buffer 18. The digital to analog converter 20 con- 
verts the PCM encoded stream stored in the second buffer 
18 into an analog audio signal as an output signal of the 
optical disk drive. This embodiment provides the previ- 
ously mentioned normal audio processing function as 
well, but the data conversion function using the digital in- 
terface 24 for connecting to an external post-stage audio 
receiver 28 is modified. First, the audio processing circuit 
30 uses the stream recovering circuit 36 of the audio pro- 
cessor 32 to detect the audio frames of the first stream 



stored in the stream buffer 14 and to modify (to fix) tlie 
audio frames of tlie first stream according to a first stan- 
dard (for example, an MPEG audio standard). And then, 
the frames detected or modified by the stream recovering 
circuit 36 are stored in the first buffer 38. Finally, the lEC 
burst circuit 22 converts the modified frames into a sec- 
ond stream complying with a second standard (for exam- 
ple, an lEC digital interface standard, which is also called 
S/PDIF standard) and sends the second stream to the 
post-stage audio receiver 28 through the digital interface 
24. In more details, the lEC burst circuit 22 in Fig. 3 re- 
trieves the modified frames stored in the first buffer 38 
and partitions the modified frames into payload sections 
of proper sizes. The corresponding preamble is then 
added in front of each payload to form a data burst sec- 
tion. The corresponding stuffing section (including several 
stuffing bits)is then added next to each data burst sec- 
tion. The second stream complying with the S/PDIF stan- 
dard is thus formed and sent to the post-stage audio re- 
ceiver 28 through the digital interface 24. 
[0020] Fig. 4 illustrates a flowchart for detecting and modifying 
streams with the audio processing circuit 30 of Fig. 3. The 
first stream (for example, an MPEG audio bit stream) in- 



eludes a plurality of audio frames, and each audio frame 
includes a sync word at the beginning of the audio frame 
for data partitioning. The sync word of each audio frame 
has a unique pattern, for example, Oxfff in the MPEG au- 
dio bit stream. The expected position of the sync word is 
implied in the first stream. However, for some streams 
encoded by an improper audio encoding mechanism, the 
positions of the sync words may not reside in the ex- 
pected position as implied in the streams. Instead, the ac- 
tual positions of the sync words may be shifted to neigh- 
boring positions near the expected positions. A conven- 
tional audio processing circuit (such as those illustrated in 
Fig. 2) does not check whether the actual positions of 
sync words match the expected positions (i.e. whether the 
positions of the sync words are shifted), and simply parti- 
tions the frames of the first stream as if the sync words do 
reside in the expected positions, and forming the second 
stream to the decoding/amplifying device 28 (the post- 
stage audio receiver 28) via the digital interface 24 (for 
example, an lEC digital interface). In such a circumstance, 
when the decoding/amplifying device 28 (the post-stage 
audio receiver 28) receives the second stream and tries to 
recover it back to the first stream, it may improperly (or 



even fail to) decode the second stream and/or the first 
stream because the partitioning of the first stream is in- 
correct, anda blast sound may occur.ln order to prevent 
errors due to the above mentioned sync word shift, the 
audio processing circuit 30 of this embodiment uses the 
stream recovering circuit 36 of the audio processor 32 to 
detect the audio frames of the first stream stored in the 
stream buffer 14 and to modify (to recover) the audio 
frames of the first stream according to the predetermined 
first standard (for example, MPEG audio standard). The 
audio frames of the first stream are detected and modified 
by the stream recovering circuit 36, and are then stored in 
the first buffer 38. Finally, the lEC burst circuit 22 trans- 
fers the modified framesinto a second stream complying 
with a second standard (for example, the lEC digital inter- 
face standard) and sends the second stream to the post- 
stage audio receiver 28 through the digital interface 24 
(for example, the lEC digital interface). The steps for de- 
tection and modification are described as follows. 

[0021] Step iiO:Retrieving an expected location indicating where 
the sync word should be in the bit stream buffer 14, set 
the value of a pointer sft as zero, and then go to Step 120; 

[0022] Step 120:1s the sync word correct? If the value at the ex- 



pected location matches a predetermined pattern (ex. 
Oxfff in tliis embodiment), go to Step 130, if not, go to 
Step 140; 

[0023] Step 130:Copy the audio frame having its beginning 

pointed by the pointer sft from the stream buffer 14 to 
the first buffer 38 to complete the detection and the mod- 
ification of the frame, and then go to Step 110 for further 
detection and modification of the next audio frame; 

[0024] Step 140:Set a new value of the pointer sft. The new value 
equals to the previous value of the pointer sft plus one. 
This step represents that the expected position is modi- 
fied by one bit. Go to Step 150; and 

[0025] Step 150:The new value of the pointer sft indicates 

searching the sync word at a one-bit-shifted position. 
Now a bit at the leftmost end (i.e. MSB, Most Significant 
Bit) corresponding to the expected location is omitted, 
and a next bit of the first stream is added at the rightmost 
end (i.e. LSB, Least Significant Bit) corresponding to the 
expected location. Go back to Step 120. 

[0026] Although the shift direction in Step 150, as a result of 
Step 140, can be derived from the statement about the 
omitted bit at the leftmost end and the added bit at the 
rightmost end, this is not limiting. The shift direction is 



just an exemplary choice relating to the logical direction 
definition of the stream buffer 14.As the original MSB 
mentioned in Step 150 can be omitted first and each bit 
can be replaced with the next bit, whether the shift direc- 
tion is left or right does not hinder the implementation of 
this invention. Through the process of these steps (Step 
110, 120, 130, 140, 150), the above-mentioned unde- 
sired shifted state of the data of the audio frames is cor- 
rected and the modified frames stored in the first buffer 
38 are ready for partitioning into proper payload sections 
according to the S/PDIF standard. As previously men- 
tioned, the lEC burst circuit 22 converts the modified 
frames stored in the first buffer 38 into a second stream 
complying with the second standard (for example, the S/ 
PDIF standard) and sends the modified frames to the 
post-stage audio receiver 28 through the digital interface 
24. Therefore, the compatibility between the audio pro- 
cessing circuit 30 and the decoding/amplifying device 28 
(the post-stage audio receiver 28) is enhanced. 
[0027] Fig. 5 illustrates a flowchart for changing a specific field in 
a stream with the audio processing circuit 30 in Fig. 3. Un- 
der certain conditions, the decoding/amplifying device 28 
(the post-stage audio receiver 28) cannot properly decode 



the audio bit stream because it does not recognize a spe- 
cific field in tlie bit stream. By changing a specific field in 
the original audio bit stream (retrieved from the optical 
storage disk 26) with the audio processing circuit 30, the 
problem can be solved and the decoding/amplifying de- 
vice 28 (the post-stage audio receiver 28) can properly 
decode the audio bit stream. For example, in an MPEG au- 
dio signal, there is a two-bit "mode" field identifying a 
playback mode of the audio signal. The playback modes 
usually include a "mono" mode, a "dual mono" mode, and 
a "stereo" mode, where the "mono" mode represents re- 
producing a sound content with one audio channel, and 
the "dual mono" mode and the "stereo" mode represent 
reproducing different sound contents with two audio 
channels so there are stereo effects to the listeners. Some 
decoding/amplifying devices 28 (the post-stage audio re- 
ceivers 28) do not recognize the "dual mono" mode.This 
type of decoding/amplifying devices 28 can correctly re- 
produce one audio channel at the "mono" mode and can 
also correctly reproduce two audio channels at the 
"stereo" mode, but will simply reproduce one audio chan- 
nel at the "dual mono" mode. The listener would easily 
perceive the problem of the incompatibility between the 



decoding /amplifying device 28 (the post-stage audio re- 
ceiver 28) and tlie optical disk drive. In this embodiment, 
the audio processing circuit 30 can use the stream recov- 
ering circuit 36 of the audio processor 32 to change a 
value of the "mode" field of the audio bit stream (retrieved 
from the optical storage disk 26) from an original value of 
"dual mono" mode to a new value of "stereo" mode, so the 
"stereo" mode decoding method of the decoding/ampli- 
fying device 28 (the post-stage audio receiver 28) is se- 
lected. Therefore, the decoding/amplifying device 28 can 
reproduce the "dual mono" mode data retrieved from the 
optical storage disk 26 at the "stereo" mode. As most of 
decoding/amplifying devices 28 (post-stage audio re- 
ceivers 28) can recognize the "stereo" mode, the problem 
of the incompatibility between the decoding/amplifying 
devices 28 and the optical disk drive due to above men- 
tioned problem is solved. The process of changing afield 
in the original stream, the first stream, retrieved from the 
optical storage disk 26 with the audio processing circuit 
30 is described as follows. 
[0028] Step 210: Find the sync word in the stream buffer 14; 

[0029] Step 220: Get the data of the audio frame of the first 

stream from the stream buffer 14until the "mode" field is 



found and store the data of the audio frame got from the 
stream buffer 14 in the first buffer 38, where "Get" is a 
programming term representing an action of "retrieving" 
or "receiving"; 

[0030] Step 230: Parse the data of the "mode" field received from 
the stream buffer 14; 

[0031] Step 240: Change the "mode" field from the original mode 
value to a new mode value; 

[0032] Step 250: Get the stream until all the audio frames of the 
stream are detected and corrected; 

[0033] Of concern, "Get", the programming term representing an 
action of "retrieving" or "receiving" in the above steps 
(Step 220, 250), can be replaced by other terms while the 
implementation of the present invention is not hindered. 
In addition, although in this embodiment the field data to 
be changed is a single value, this is not limiting. For ex- 
ample, the data to be changed can be a plurality of values 
or even data of a plurality of fields. This leads to embodi- 
ments relating to copyright management. In some audio 
signals, there is a "copyright" field indicating the copy- 
right management information of the audio signal. The 
copyright management information generally includes "no 
copy", "copy always", and "copy once". When the "copy- 



right" field of tlie stream retrieved from the optical stor- 
age disk 26 is recorded as "no copy", the content (ex. 
video or audio data) recorded on the optical storage disk 
26 is read-only and cannot be copied to any other digital 
storage devices (ex. other optical disks, mini disks, flash 
memory drives, hard drives, etc.). One embodiment is de- 
scribed as follows. When the "copyright" field of the 
stream retrieved from the optical storage disk 26 is 
recorded as "copy always", the content (ex. video or audio 
data) recorded on the optical storage disk 26 can be 
copied as many times as desired without limitation. When 
the "copyright" field of the stream retrieved from the opti- 
cal storage disk 26 is recorded as "copy once", the stream 
recovering circuit 36 of the audio processor 32 in this 
embodiment will change the "copyright" field in the con- 
tent recorded on the optical storage disk 26 from "copy 
once" to "no copy" after one copy process is done. 
[0034] Fig. 6 illustrates a flowchart of detecting and modifying er- 
rors of a stream with the audio processing circuit 30 in 
Fig. 3. Another function of the stream recovering circuit 36 
of the audio processor 32 is detecting the audio frames of 
the first stream received from the stream buffer 14 and 
modifying the content in at least one field of the audio 



frames as needed. The stream recovering circuit 36 can 
detect if tliere is any error in various fields of tlie audio 
frames in tlie first stream) and modify the first stream ac- 
cording to a predetermined digital audio standard if mod- 
ification is required. After the audio processing circuit 30 
uses the parser 12 to receive the first stream retrieved 
from the optical storage disk 26 and stores the first 
stream in the stream buffer 14, the stream recovering cir- 
cuit 36 checks each field of the first stream. As shown in 
Fig. 6, the stream recovering circuit 36 first finds the sync 
word of the first stream in the stream buffer 14, and then 
checks the fields one by one, where the fields include the 
"sync word" field, "header" field, the "side information" 
field, the "scale factor" field, the "audio sample" field, and 
the "ancillary data" field. If the first stream is completely 
correct, the first stream is stored in the first buffer 38. If 
the content of any field is detected to be in error by the 
stream recovering circuit 36, the stream recovering circuit 
36 will try to modify the field to recover a correct format 
of the stream according to a predetermined digital audio 
standard (for example, MPEG audio standard). If the 
stream recovering circuit 36 successfully corrects the 
fields, the modified fields are stored in the first buffer 



38.AS shown in Fig. 6, the stream recovering circuit 36 will 
checl< the next field until each field is verified. If the 
stream recovering circuit 36 fails to correct the field dur- 
ing any iteration of the field data correction, the current 
frame is abandoned and the stream recovering circuit 36 
detects the next frame and repeats the process shown in 
Fig. 6. That is to say, the stream recovering circuit 36 
modifies the first stream received from the stream buffer 
14 to conform with the predetermined digital audio stan- 
dard (for example, MPEG audio standard) by correcting er- 
rors in the fields of the first stream. When the stream re- 
covering circuit 36 is unable to correct some frames of the 
first stream received from the stream buffer 14, the 
stream recovering circuit 36 abandons the uncorrectable 
frames which are not capable of being modified to con- 
form with the predetermined standard. In this way, the 
stream recovering circuit 36 will not allow frames with un- 
correctable errors to pass onwards. So there could proba- 
bly be a short period of silence to the listeners when there 
are frames with uncorrectable errors in the first stream. 
However, considering the characteristic of the decoding/ 
amplifying device 28 (the post-stage audio receiver 28) 
and the listeners comforts, no sound is better than blast 



sound because ordinary human ears could not perceive 
sucli a sliort period of silence. 
[0035] As previously mentioned, the audio processing circuit 30 
of the present invention provides the ordinary audio de- 
coding function to reproduce the digital data retrieved 
from the optical storage disk 26 and further provides the 
stream recovering circuit 36 for processing the frames of 
the stream stored in the stream buffer 14. The functions 
of the stream recovering circuit 36 include correcting the 
sync word shift, modifying the data contents of the 
stream, detecting (checking) the data contents of the 
stream, and trying to recover a correct format of the data 
content of the stream. The frames of the stream pro- 
cessed by the stream recovering circuit 36 of the audio 
processor 32 are stored in the first buffer 38. The lEC 
burst circuit 22 then arranges the modified frames or ver- 
ified frames stored in the first buffer 38 (for example, the 
arrangement includes adding the preambles and stuffing 
bits to form a second stream complying with the S/PDIF 
standard) and sends the second stream to the post-stage 
audio receiver 28 through the digital interface 24 (for ex- 
ample, S/PDIF interface). Therefore, the compatibility be- 
tween the audio processing circuit 30 and the decoding/ 



amplifying device 28 (the post-stage audio receiver 28) is 
enhanced. 

[0036] In contrast to the prior art, the present invention method 
and device can use the stream recovering circuit 36 of the 
audio processor 32 to properly detect and modify the 
stream retrieved from the optical storage disk 26 and use 
the lEC burst circuit 22 to arrange the modified audio 
frames of the first stream stored in the first buffer 38 so 
that the compatibility between the audio processing cir- 
cuit 30 and the external decoding/amplifying device 28 
(the post-stage audio receiver 28) is enhanced. Adapting 
to the post-stage audio receiver 28 through the digital in- 
terface 24, the audio processing circuit 10 of the prior art 
simply uses the lEC burst circuit 22 to transfer the audio 
frames of the first stream stored in the stream buffer 14 
into the second stream without checking the content of 
the audio frames, so the audio frames which are not com- 
pletely compliant with a predetermined digital audio stan- 
dard will be output to the post-stage audio receiver 28 
through the digital interface 24. Hence when the post- 
stage audio receiver 28 receives the second stream de- 
rived from the audio frames of the first stream that is not 
completely compliant with the predetermined digital audio 



standard (for example, MPEG audio standard), the post- 
stage audio receiver 28 may improperly or even fail to de- 
code the received second stream and/or the first stream, 
and a blast sound may occur. Adapting to the post-stage 
audio receiver 28 through the digital interface 24, the au- 
dio processing circuit 30 of the embodiment uses the 
stream recovering circuit 36 of the audio processor 32 to 
process the audio frames of the first stream stored in the 
stream buffer 14 and stores the audio frames processed 
by the stream recovering circuit 36 in the first buffer 38. 
The lEC burst circuit 22 then arranges the modified audio 
frames stored in the first buffer 38 to form a second 
stream complying with a second standard (for example, 
the S/PDIF standard) and sends the second stream to the 
post-stage audio receiver 28 through the digital interface 
24. Therefore, the audio processing circuit 30 can remove 
the frames with errors and/or can modify the frames 
which are not completely compliant with a predetermined 
digital audio standard (for example, the MPEG audio stan- 
dard), so the decoding/amplifying device 28 (the post- 
stage audio receiver 28) can correctly decode the data of 
the digital audio signal and the compatibility is therefore 
enhanced. 



[0037] Those skilled in the art will readily observe that numerous 
modifications and alterations of the device may be made 
while retaining the teachings of the invention. For exam- 
ple, in the above embodiments the first stream complies 
with the MPEG audio standard and the second stream 
complies with the S/PDIF standard (lEC digital interface 
standard). This is not limiting. Instead, the present inven- 
tion should be construed as limited only by the metes and 
bounds of the appended claims. 



